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Introduction	  
	  
To	  accompany	  monophonic	  instruments	  harmony	  lines	  can	  be	  used	  to	  give	  greater	  clarity	  of	  
underlying	  harmonies	  and	  the	  tonality	  in	  which	  the	  musician	  is	  playing	  in.	  It	  adds	  another	  
dimension	  to	  the	  performance.	  Polyphonic	  instruments	  do	  have	  the	  ability	  for	  diverse	  
harmonization	  but	  at	  high	  speeds	  it	  is	  more	  difficult	  on	  instruments	  such	  as	  the	  guitar	  and	  
bass	  guitar.	  So	  if	  acoustic	  instruments	  can	  be	  made	  to	  give	  harmony	  lines	  the	  next	  thing	  to	  
look	  at	  is	  how	  will	  they	  harmonize,	  at	  what	  intervals,	  upper	  or	  lower	  harmony	  etc.	  
Harmonized	  Reverb	  uses	  spectral	  processing	  algorithms	  to	  detect	  the	  fundamental	  
frequency	  of	  a	  note	  and	  then	  pitch	  shifts	  it	  with	  a	  set	  number	  of	  its	  harmonics.	  After	  this	  the	  
residual	  of	  the	  original	  note	  is	  added	  to	  it.	  The	  original	  note	  and	  the	  pitch	  shifted	  version	  of	  
that	  note	  are	  then	  combined	  together	  to	  give	  a	  harmonization.	  This	  can	  be	  done	  multiple	  
times	  with	  different	  pitch	  shifting	  intervals	  to	  give	  three	  or	  more	  part	  harmonies.	  	  
	  
To	  give	  more	  variety	  and	  to	  differentiate	  between	  the	  original	  note	  and	  the	  pitch	  shifted	  
note	  the	  pitch	  shifted	  note	  is	  then	  put	  through	  a	  reverb	  algorithm	  which	  only	  outputs	  the	  
early	  reflections	  and	  reverberant	  tail	  of	  the	  note	  before	  it	  is	  added	  to	  the	  original	  note	  which	  
is	  considered	  to	  be	  the	  direct	  sound.	  	  	  
	  
	  
	  
	  
	  
	  
	  
	  
Figure	  1.	  In	  the	  reverberation	  algorithm	  the	  only	  thing	  that	  
is	  done	  to	  the	  input	  that	  is	  not	  pitch	  shifted	  is	  that	  it	  is	  
scaled	  to	  give	  the	  appropriate	  level.	  It	  does	  not	  undergo	  
any	  reverberation.	  (This	  diagram	  was	  drawn	  in	  Sketch	  
Book	  Express	  6)	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The	  Harmonizer	   	   	   	  
	  
	  
The	  harmonizer	  uses	  Short	  Time	  Fourier	  Transforms	  to	  capture	  different	  spectra	  of	  an	  audio	  signal	  
taken	  at	  regular	  time	  intervals.	  The	  STFT	  can	  be	  expressed	  by	  the	  following	  equation	  
	  
	   𝑋! 𝑘 = 𝑤 𝑛 𝑥(𝑛 + 𝐻𝑙)𝑒!!!!!!!!!!!   	  
	  
	  𝑋! 𝑘 	  is	  the	  complex	  spectrum	  over	  a	  given	  time	  frame,	  𝑤 𝑛 	  is	  the	  analysis	  window,	  𝑙  is	  the	  frame	  
number,	  𝑘	  is	  the	  frequency	  index,	  𝐻	  represents	  the	  hop	  size	  and	  𝑁	  is	  the	  size	  of	  the	  FFT.	  A	  𝑁	  size	  of	  
4096	  was	  used	  for	  the	  harmonizer	  to	  give	  a	  greater	  frequency	  resolution.	  
	  
	  
	  
Figure	  2.	  It’s	  in	  the	  transformation	  stage	  where	  the	  fundamental	  frequency	  is	  simply	  multiplied	  or	  scaled	  along	  with	  its	  
harmonics	  to	  give	  the	  pitch	  shifted	  version	  of	  the	  note.	  This	  diagram	  was	  taken	  from	  U.Zozler,	  “DAFX	  Digital	  Audio	  Effects	  2nd	  
Edition,”	  Wiley	  Verlag,	  Chap.	  10	  pg394	  (2011).	  
	  
Four	  different	  pitch	  shifting	  algorithms	  have	  been	  written	  in	  the	  hpsmodelparams_Harmonizer.m	  
function	  (I	  wrote	  more	  than	  this	  but	  have	  only	  included	  four).	  To	  select	  between	  each	  algorithm	  
assign	  the	  corresponding	  number	  to	  the	  variable	  named	  -­‐	  option	  
	  
%             1. G Mixolydian Harmonization (upper) 
%             2. G Mixolydian Harmonization (lower) 
%             3. G Pentatonic Minor 
%             4. Blues Hybrid Scale 
	  
A	  different	  option	  is	  taken	  depending	  on	  the	  tonality	  the	  musician	  is	  playing	  in.	  	  
	  
	  
G	  Mixolydian	  Harmonization	  (upper)	  will	  pitch	  shift	  each	  chromatic	  note	  within	  the	  octave	  as	  follows	  
	  
Input	   G	   𝑮♯ 𝑨♭	   A	   𝑨♯ 𝑩♭	   B	   C	   𝑪♯ 𝑫♭	   D	   𝑫♯ 𝑬♭	   E	   F	   𝑭♯ 𝑮♭	   G	  
Pitch	  Shift	  
Interval	  
↑M3	   ↑m3	   ↑m3	   ↑m3	   ↑m3	   ↑M3	   ↑m3	   ↑m3	   ↑m3	   ↑m3	   ↑M3	   ↑M3	   ↑M3	  
Output	   B	   𝑩	   C	   𝐶♯ 𝐷♭	   D	   E	   𝑬	   F	   𝐹♯ 𝐺♭	   G	   A	   𝐴♯ 𝐵♭	   B	  
↑M3	  signifies	  up	  a	  major	  3rd,	  ↑m3	  signifies	  up	  a	  minor	  3rd.	  The	  larger	  bold	  letters	  G	  represent	  notes	  
from	  the	  scale.	  If	  the	  musician	  wishes	  to	  add	  notes	  outside	  the	  scale	  they	  still	  will	  be	  pitch	  shifted	  by	  
intervals	  appropriate	  (i.e	  that	  sound	  good)	  to	  the	  harmonization	  of	  chromatic	  passing	  notes.	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G	  Mixolydian	  Harmonization	  (lower)	  will	  pitch	  shift	  each	  chromatic	  note	  within	  the	  octave	  as	  
follows	  
Input	   G	   𝑮♯ 𝑨♭	   A	   𝑨♯ 𝑩♭	   B	   C	   𝑪♯ 𝑫♭	   D	   𝑫♯ 𝑬♭	   E	   F	   𝑭♯ 𝑮♭	   G	  
Pitch	  Shift	  
Interval	  
↓P4	   ↓dim5	   ↓P4	   ↓	  dim5	   ↓	  dim5	   ↓P4	   ↓P4	   ↓P4	   ↓P4	   ↓P4	   ↓P4	   ↓P4	   ↓P4	  
Output	   D	   𝑫	   E	   𝑬	   F	   G	   𝐺♯ 𝐴♭	   A	   𝐴♯ 𝐵♭	   B	   C	   𝐶♯ 𝐷♭	   D	  
	  
Combining	  the	  G	  Mixolydian	  Harmonization	  (upper	  and	  lower)	  can	  be	  used	  to	  create	  three	  part	  
harmonies.	  
	  
G	  Pentatonic	  Minor	  will	  pitch	  shift	  each	  chromatic	  note	  within	  the	  octave	  as	  follows	  
Input	   G	   𝑮♯ 𝑨♭	   𝑨	   ♭B	   𝑩	   C	   𝑪♯ 𝑫♭	   D	   𝑫♯ 𝑬♭	     𝑬	   F	   𝑭♯ 𝑮♭	   G	  
Pitch	  Shift	  
Interval	  
↑	  P4	   ↑	  P4	   ↑	  P4	   ↑m3	   ↑	  P4	   ↑	  P4	   ↑	  P4	   ↑	  P4	   ↑	  P4	   ↑	  P4	   ↑	  P4	   ↑	  P4	   ↑	  P4	  
Output	   ♭B	   𝐶♯ 𝐷♭	   𝑫	   D	   𝑬	   F	   𝐹♯ 𝐺♭	   G	   𝐺♯ 𝐴♭	   𝐴	   ♭B	   𝐴♯ 𝐵♭	   B	  
	  
	  
Once	  the	  centre	  frequency	  (in	  Hertz)	  a.k.a	  fundamental	  frequency	  is	  known	  the	  upper	  and	  lower	  
bands	  limits	  of	  that	  band	  that	  will	  be	  shifted	  can	  be	  derived	  by	  the	  following	  equations.	  	  
	  𝑓!  !  𝑓!×2( !!")	  	   will	  find	  the	  upper	  band	  limit	  of	  a	  certain	  chromatic	  pitch.	  𝑓!  !  𝑓! ÷ 2( !!")	  	   will	  find	  the	  lower	  band	  limit	  of	  a	  certain	  chromatic	  pitch.	  
	  
This	  is	  implemented	  with	  commentary	  in	  lines	  115,	  175	  and	  220	  of	  the	  
hpsmodelparams_Harmonizer.m	  function.	  The	  way	  the	  Blues	  Hybrid	  Scale	  harmonizes	  can	  be	  seen	  in	  
line	  385	  of	  the	  same	  function.	  The	  hpsmodelparams.m	  function	  was	  taken	  from	  U.Zozler,	  “DAFX	  
Digital	  Audio	  Effects	  2nd	  Edition,”	  Wiley	  Verlag,	  Chap.	  10	  pg430	  (2011).	  
	  
	  
	  
	  
	  
Reverberation	  
	  
The	  initial	  reverb	  algorithm	  that	  was	  used	  for	  the	  reverberation	  in	  this	  assignment	  was	  the	  
schroeder.m	  function	  as	  used	  in	  Digital	  Audio	  Systems	  tutorials	  week	  8	  and	  9.	  Quite	  a	  few	  
modifications	  where	  made	  to	  the	  algorithm,	  namely:	  
	  
The	  first	  b	  coefficient	  in	  the	  tapped	  delay	  is	  changed	  to	  a	  zero	  so	  no	  direct	  sound	  from	  the	  input	  
(which	  is	  the	  pitch	  shifted	  version)	  will	  be	  heard	  in	  the	  output.	  This	  is	  to	  make	  the	  pitch	  shifted	  
version	  sound	  like	  its	  harmonizing	  off	  the	  walls.	  
 
	  
max_delay = max(d); 
  
a = 1; 
  
b = [0, zeros(1, max_delay)]; 
 
These	  lines	  have	  been	  taken	  form	  tapped_delay_line.m	  function.	  Lines	  16-­‐18. 
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More	  input	  arguments	  have	  been	  added	  to	  the	  reverberation	  
	  
oy = schroeder_fft_lp_stereo_max(x,tn,tg,td,cg,cg1,cd,ag,ad,k,direct_signal,z); 
 
cg1 is	  the	  gains	  for	  low	  pass	  filters	  that	  have	  been	  added	  into	  the	  feedback	  loop	  of	  the	  recursive	  
comb	  filters,	  as	  Andy	  Moorer	  did1.	  I	  used	  code	  found	  on	  line	  to	  help	  implement	  this2.	  	  
	  
%Set the b and a coefficients of the transfer function depending on g, g1 and d.  
b=[zeros(1,d) 1 -g1];% Here the coefficients have been changed form the original 
%fbcomb.m function 
a=[1 -g1 zeros(1,d-2) -g*(1-g1)];  
  
These	  lines	  have	  been	  taken	  form	  fbcomb_fft_lp.m	  function.	  Lines	  27	  -­‐29.	  
	  
As	  mentions	  before	  the	  direct_signal is	  added	  to	  the	  pitch	  shifted	  version	  of	  the	  audio	  scaled	  
by	  z.	  The	  direct	  signal	  undergoes	  no	  reverberation	  whilst	  the	  pitch	  shifted	  version	  does.	  
	  
One	  of	  the	  most	  important	  modifications	  was	  to	  create	  the	  impulse	  response	  in	  the	  frequency	  
domain,	  for	  the	  allpass	  filters	  and	  IIR	  filters,	  instead	  of	  in	  the	  time	  domain	  through	  impz(b, a). 
Otherwise	  this	  assignment	  would	  not	  be	  practical	  with	  the	  time	  it	  was	  taking. 	  
	  
	  
convolved_len = 27.*d;  % I looked at length always worked out about 27 times the 
delay 
  
fftlength = 2.^nextpow2(convolved_len); %Obtains the fft length 
  
fft_a = fft(a, fftlength); %fft applied to a coefficients 
  
fft_b = fft(b, fftlength); %fft applied to b coefficients 
  
impres = real(ifft(fft_b./fft_a)); % Division takes place in the frequency domain  
                                   % then is transformed back via ifft 
y = conv(x, impres); 
	  
These	  line	  have	  been	  taken	  form	  fbcomb_fft_lp.m	  fuction.	  Lines	  27	  -­‐29.	  
 
Of	  course	  the	  convolution	  could	  also	  be	  done	  in	  the	  frequency	  domain	  (as	  I	  tested),	  but	  in	  comparison	  
with	  the	  time	  taken	  for	  the	  impulse	  response	  to	  be	  generated	  it	  made	  not	  much	  difference.	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